Abstract. With the advent of the information age, signal transmission has been involving many kinds of fields. During the process of voice signal transmission, there would be inevitably doped with some noise signal, but which would not happen if the very designed filter has been used. In this paper, the window function method is used to select the fast Fourier transform interval, so as to design a FIR digital low-pass filter to achieve the doping in the speech signal in the random noise elimination, and analyze the time domain and frequency domain characteristics of voice signal before and after denoising, compare the quality difference of voice signal before and after filtering. This paper aims to verify the validity of the designed FIR digital low-pass filter's function by Matlab simulation.
simulation to complete the specific operation. Although using the window function method to complete the designed FIR filter characteristics comes out relatively rough indicators, which would be less practical for some of the harsh demanding design, however, in the field studied by this paper, the window function method is still the most convenient designing method.
window function designing method
Window function method, is also known as Fourier series method. The basic idea of the window function is to select one suitable ideal frequency-selective filter and then truncate its impulse response to obtain a linear phase and causal FIR digital filter.
Designing steps: (1) Given the required frequency response function H� �.
(2) According to the formula H(ω) = ∑ ( )cos ( )
Eq.1 to solve the formula
(3) Upon the requirements of minimum transition bandwidth and minimum attenuation of the stopband, using the following Table 1 and Table 2 to select the shape of the window ω(n) and the size of N, which is usually determined by several trials. (4) Find the unit impulse response of the designed FIR filter. h(n) = ℎ ( )n = 0,1, … , N − 1Eq.3. 
Design and Simulation Based on Matlab
In order to design a FIR filter to achieve the de-noising of the speech signal processing, following steps must be carried out: (1) collecting and sampling the speech signal; (2) adding random noise to the speech signal; 
Speech signal collection and sampling
Use recording software to record some speech signal when the voice recorder is speaking in the normal status during the daily life, with the duration of 10 seconds or less, and ensuring at .wav format. Sample the speech signal by function wavread () of the Matlab software, then draw the sampling frequency and points, by using the function audioplayer () to play the original speech signal again. Then use the function fft () on the sampling point N to go through Fourier transform, make the speech signal transform from the time domain to the frequency domain.
Below are the main procedures:
[y, fs, bits] =wavread('C:\Users\1.wav'); audioplayer (y, fs); % Play back the speech signal n=length(y); % The number of points of the selection transformation point y_p=fft (y, n); % Fourier transform, transform to the frequency domain f=fs*(0: n/2-1)/n; % The frequency of the corresponding point After running the results shown in Figure. By observing the time-domain diagram from the simulation results, it can be seen that the speech signal lasts about 10 seconds long and the amplitude A is not more than 0.5.
From the above frequency domain diagram of the simulation results, which can be seen that the frequency of the speech signal is mainly concentrated in the low frequency part, the maximum amplitude of the speech signal frequency does not exceed 400.
Noisy speech signal
With the statement "noise = 0.1 * randn () "in Matlab, to produce a noise signal which length equals to the original speech signal, then superimpose them to simulate and obtain a mixed speech signal including the noise and the original information.
The main procedures are as follows: By observing the simulation results, the effect is very obvious when adding noise into the signal by using Matlab software. Which can be clearly seen in the time domain graph that the original speech signal almost could not be revealed, deeply buried in the noise.
Designing FIR filter
Under normal circumstances, the frequency of human speech is about 300-3400HZ. But the collected speech signal is often mixed with a lot of noise, which is very difficult to filter the noise while ensuring the quality of the speech signal. Therefore, it is particularly important to choose the indicators in the design of the filter, which relates to the final filtering effect.
The performance requirements which can be determined by connecting the actual situation are: Passband boundary is 3400Hz. Stopband boundary is 3800Hz, stopband attenuation is less than 80dB, passband ripple is less than 3dB.
Since the stop-band attenuation is less than 80 dB, Kaiser window is chosen to design the FIR low-pass filter. Kaiser window can show comprehensive reflection of the exchange relationship between the main lobe and the side lobe, and is free to choose the attenuation of the proportion between the main lobe and side lobe.
Executing the special program in Matlab as below: fp=1700; fc=2000; As=100; Ap=1; wc=2*pi*fc/fs; wp=2*pi*fp/fs; wdel=wc-wp; beta=0.112*(As-8.7); N=ceil((As-8)/2.285/wdel); wn= kaiser (N+1, beta); ws=(wp+wc)/2/pi; b=fir1(N, ws, wn); Using Matlab software to draw the corresponding normalized and normalized frequency waveform results shown in Figure. As the figure above tells, the frequency of the filter in the pass band within the phase shows as a straight line, which indicates that the filter is linear phase.
Simulation result verification
Finally, use the function fir1 of Matlab to filter the voice signal. The program is as follows: b = fir1 (N, ws, wn);
The results between the time domain and the spectrum pattern before and after the speech signal passing through the low-pass filter are compared in Figure. Use the sound function, respectively play the original speech signal, noisy speech signal and filtered speech signal. With the comparison which can be known that the original speech signal is very clear, speech information content is integrity. After adding random noise by Matlab, the speech signal becomes obviously noisy, the original speech content becomes blurred which is not easy to identify. And after Kaiser window function and low-pass filter filtering the mixed speech signal, it obviously becomes much more clearer, the vast majority of the noise has been filtered through the filter. The original speech information has been more clearly distinguishable, which meets the requirements of the initial design of the filter.
Conclusions
By observing the simulation results and playing back the speech signal before and after de-noising, it can be concluded that the designed FIR filter can meet the requirements of the original speech signal de-noising. Therefore, it is the simplest way to denoise the speech signal when the de-noising requirement is not too strict, and it can achieve a good de-noising effect.
Summary
In the real communication system, the information to be transmitted is often susceptible to noise pollution, it's very necessary to filter the noise before output the speech signal.
This paper introduces the basic characteristics of FIR filters and three basic design methods. The definition of window function and the basic design steps are also introduced in detail. And a 10-second voice signal is recorded by software, which is used to be analyzed by Matlab software in time-domain and frequency-spectrum. And then use the window function method to design the FIR low-pass filter to determine the relevant performance indicators, at the end go through the Matlab simulation.
The feasibility of the method is verified by simulation experiments, which provides the simulation basis for the speech signal filtering method selection in real life.
